A much better example of an analog device is a mercury fever thermometer, the kind that used to come out of the medicine chest whenever I told my mother that I wasn't feeling quite up to going to school.
These have now become illegal, not because they're not digital, but because the mercury in them is poisonous.(The biggest concern is that people will toss them out in the trash, and the mercury from the broken thermometers will released into the environment.)
How do these work? When the bulb at the end containing the mercury heats up, the mercury expands and advances along the hollow tube inside the thermometer. One continuously varying quantity (temperature) has been converted by a physical process into another (length of the column of mercury). To be sure, there is a digital element here as well: the calibration marks on the thermometer's scale translate the length into one number in a small set of available values. In fact most of the devices we'll look at have a combination of analog and digital elements.
Analog Sound Recording
The most analog thing I can think of is the phonograph.
We have a pretty good idea of what Shakespeare looked like, and a very good idea--thanks to the many portraits produced by skilled painters and sculptors--of what George Washington looked like, in spite of the fact that neither of them was ever photographed. If, by some miracle of time travel, we were to see Washington walking down the street, we might well recognize his face. But what did they sound like? The voices of these people and their contemporaries, and everyone who came before them, are lost to us forever.
Before the invention of the phonograph, there was no sound recording. For many years after, until the advent of magnetic recording on wire and tape, phonograph records were the only sound recordings that existed, and until quite recently they were the most common medium for listening to recorded music in your home. (Sales of CDs first exceeded those of phonograph records in 1988, the year many of you were born. You probably don't think of the year you were born as "quite recently", but I do.)
Before we consider how phonographs work, we'll need to discuss how sound itself works. The sensation of sound is due to rapid changes in the pressure of the air near your ear. These cause your eardrum to vibrate, and the vibrations are passed through some elaborate machinery in your ear before being sent to your brain for sorting out. The very regular pattern in the vibrations is typical of musical notes. The larger the distance between the peaks and valleys of the successive waves, the louder the sound will be. (The actual height of the wave within the plot area is irrelevant, it's the distance between the high points and low points-the amplitude-that counts.) The faster the vibrations-the higher the frequency---then the higher the pitch will be. The extract shown above makes about 8 complete vibrations in 0.025 sec, which comes out to a frequency of 320 cycles per second, or 320 hertz. (If you're a music type, that's about E above middle C.) Now anything that makes your eardrum vibrate in exactly this fashion will sound exactly like the French horn. If you could make a record of this amplitude-versus-time relation, and later use the record to produce vibrations with the same amplitude-versus-time pattern, you ought to hear something very much like the original sound.
In 1877, the American inventor Thomas A. Edison built a device that consisted of a cylinder wrapped in tinfoil, along with a diaphragm attached to a sharp needle that just touched the surface of the cylinder. Edison spoke into the diaphragm while turning a crank that rotated the cylinder. The sound of his voice caused the diaphragm to vibrate, which in turn caused the needle to engrave an indentation into the surface of the tinfoil. The greater the amplitude of the vibration, the deeper the indentation was. When he finished speaking, he placed another needle-and-diaphragm unit into the indentation produced by the first one and turned the crank. The new needle rode up and down in the indentations, these motions were transmitted to the diaphragm, and Edison heard his voice. The first sound-recording device literally engraved a a chart like the one above into the surface of the cylinder.
Replica of Edison's 1877 Phonograph
Although Edison struggled to keep his cylinder recordings competitive, they were soon supplanted by phonograph records on flat disks, which are easier to mass-produce and store. In a disk recording the needle moves from side to side rather than up and down.
An early disk phonograph record.
Microphotograph of grooves in a phonograph record. The area shown is about 2 millimeters (1/12 inch) wide.
For the first fifty or so years of their existence, phonographs were completely mechanical devices. No electricity was involved in the sound reproduction---a fancy horn was used to amplify the faint sound made by the needle wiggling in the groove. It is astonishing that something so beautifully simple can work so well. Later on, mechanical sound reproduction was replaced by a process in which the needle's vibrations were converted into a varying electrical voltage, which was amplified electronically. But, mechanical or electrical, it's still an entirely analog process.
Digital Sound and Images Digital Thermometers
Yes, we're going to talk about how digital sound recording and digital images work, but let's not leave that thermometer behind just yet.
Here is a rather simplified diagram of the functioning of a digital thermometer At the upper left of the diagram is an analog device that senses temperature, and produces an electrical signal whose voltage varies with the termperature. The temperature corresponding to this voltage is encoded as a series of 0's and 1's by an Analog-toDigital Converter. The display device at lower left stores a string of bits and displays the corresponding temperature. But the heart of the thermometer is the large box in the middle. This is a program, a series of instructions for manipulating the bits that appear on the Converter and that are stored in the display. Digital devices manipulate information, and typically use complex programs to do this.
Digital Sound Recording
Let's go back to that chart showing the sound wave of the French horn. Suppose you measure the height of the chart at very frequent intervals and note down the numbers. This would be like taking one of Edison's phonograph records and measuring the depth of the indentation at many different locales, then throwing away the record and just keeping the measurements. You could use that list of numbers at a later time to reconstruct the chart and then reproduce the sound. 155,152,148,145,140,133,123,110,99,93,90,93,97,……. That's what digital sound recording does: The start of the process is the same---. a microphone is used to convert the vibrations into a varying electrical voltage. Then an analogue-to-digital converter measures this voltage very frequently (thousands of times per second) and encodes the voltage as a sequence of bits. What makes it digital is the conversion of the continuously varying signal into a discrete numerical code.
There are several considerations that affect the quality of sound that is recorded and reproduced in this way. First, you need to measure the amplitude frequently enough to capture all the ups and downs in the orignal chart. (For instance, if the original sound repeated the same 1/1000 second cycle over and over again, and you only measured 1000 times a second, then you would get the same amplitude measurement with every sample. The result would be silence.) In other words, the higher the sampling rate, the better the result. Second, you need to record the measurements accurately enough to capture very small variations in the amplitude. This means that you have to use a sufficient number of digits, or bits, to record each sample---the more bits per sample, the better the sound quality.
CD-quality recordings sample at a rate of 44100 hertz (44100 times per second). Each sample value is represented by a 16-bit (2-byte) string, which means that up to 2 16 =65536 different amplitude levels can be distinguished. Now since CDs are stereo recordings, there are actually 88200 2-byte samples for every second of music. This means that one hour of recorded music will require 2 channels x 44100 samples/sec x 2 bytes/sample x 3600 sec = 635,040,000 bytes.
This will all (barely) fit on one CD. A compact disk is an amazingly dense medium for storing information (and a DVD is even denser). To record data on them, a powerful laser burns a tiny pit in the surface of the disk for each bit of the encoded data equal to 1. (If the bit is zero, the surface is not altered.) To recover the recorded bits, a weaker laser is fired at the disk's surface: the pits scatter the light and the unpitted areas reflect the light.
Pits on the surfaces of a CD and a DVD .
Audio Files
The digital sound recordings that you will experiment with in class are monaural (rather than stereo), sampled at 11025 hertz, using 8 bits per sample. (By the way, that explains the numbers on the y-axis of the French Horn wave. The chart was plotted from the data in a digital recording of the horn. Each sample value was encoded by one byte, and hence as a value between 0 and 255.) Since we have half the number of tracks, one-quarter the sampling rate, and half the number of bits per sample as a CD, an hour of music will take up only one-sixteenth the amount of storage a CD-quality recording requires, about 40 MB. The sound quality is noticeably lower, but still quite reasonable.
These sequences of bytes are stored in "wave files", whose names have the extension ".wav" in your computer's file system. Each wave file begins with a brief "header" that contains information about the sampling rate and number of bits per sample. The header contains both ASCII text (the words "RIFF", "WAVE" and "DATA") and integers encoded as 32-bit sequences. The sample data contain integers encoded as 8-bit sequences. But, like all information contained in a computer file, it's all bunch of bits.
Format of a .wav file, with an expanded view of the 44-byte header.
Of course, to get any of this to work, you need equipment that can turn the sequence of bits back into a fluctuating electrical signal. This is the job of a digital-to-analog converter: your CD player has one, as does the "sound card" in your computer.
As was the case with the temperature reading in our digital thermometer, once the audio signal is translated into numbers, you can use a program to manipulate these numbers so as to alter the sound: speed it up, slow it down, remove noise, boost the bass, etc.
For instance, the program could read a sequence of sample values, like 23,23,27,29,32,28,24,20, etc. and insert the average of each pair of successive numbers in between them: 23, 23, 23, 25, 27, 28, 29, 31, 32, 30, 28, 26, 24, 22, 20 The effect, on the chart of the sound wave, is to stretch it horizontally by a factor of two. The resulting samples, when played back, would be a slowed-down, lower-pitched version of the original sound. You could play the sound backwards by just feeding the numbers to the Digital-Analog Converter in the reverse order. You could create synthetic sounds without a microphone, simply by generating the appropriate numbers, perhaps by some mathematical formula. You can manipulate the sound by manipulating numbers.
Digital Images
A typical computer display is divided into several hundred thousand tiny rectangular patches called pixels. An image is rendered by painting each of these pixels, so a digital image can be formed by sampling the original image or scene at points corresponding to each of these pixels and encoding the measurement as a string of bits. The simplest thing we can do is encode each pixel by a single bit, which has the value 1 if the corresponding place in the scene exceeds a certain brightness threshold, and has the value 0 otherwise. When we reproduce this image on the screen, all the 0 bits are painted black, and all the 1 bits are painted white:
The illustrated image is 144 pixels wide by 140 pixels wide.
A far more satisfactory result is obtained if we specify the brightness more precisely than just "bright" versus "dark". If we encode the brightness of each pixel by a byte, rather than a single bit, we get 256 distinct brightness levels. This is called a grayscale image:
How should we encode the color of each pixel?
It's helpful to understand a little bit about how color vision works. White light from a light bulb, or the sun, is a mixture of light at many different colors, or wavelengths. You've probably all seen the experiment in which white light is separated by a prism into its component colors---this occurs because different wavelengths of light are refracted at different angles. The diagram below shows a version of the experiment in which the light is sent through a second prism that recombines the different colors into white light. Now let's do a little thought experiment. Suppose we blocked the light leaving the first prism so that all that was allowed to pass was a narrow band in the yellow part of the spectrum. The beam emerging from the second prism would appear yellow, as it is made entirely of light whose wavelengths lie in that little band.
If instead we blocked the first prism so that only a narrow strip of green and a narrow strip of red were allowed to emerge from the first prism, the beam emerging from second one would still appear yellow! The yellow light produced in this second experiment looks the same as that produced in the first, but they are different, as can be proved by adding a third prism to the experiment, oriented just like the first one. The second beam of yellow light will now be separated again into its red and green components, but the first remains yellow.
Why does this happen? Specialized cells in the retina of your eye, called cone cells, have different responses to different wavelengths of light. There are three kinds of cone cells. One kind is most sensitive to a certain wavelength of red light---the more that the wavelength of the incident light differs from this ideal value, the less the response of the cone cell. The chart below shows the responses for each of the three types of cone cells.
Pure yellow light, with a wavelength of about 570 nanometers, provokes a large response from the red-sensitive cone cells, a somewhat smaller one from the green-sensitive cone cells, and none at all from the blue-sensitive ones.. But we could produce a very similar physiological response by stimulating the two cells with a mixture, in the proper proportions, of green light at 525 nm and red light at 650 nm. (It won't be exactly the same as the spectral yellow light, because our mixture will also cause a slight response from the blue cone cells.)
This suggests that we can simulate all the colors of the spectrum, or very nearly so, by mixing appropriate proportions of red, green and blue light. That's not entirely true, because of the way the three curves overlap---some spectral colors cannot be synthesized exactly using three "primary colors", no matter how you choose the primaries. But we can come very close.
Thus color-imaging systems, whether analog or digital, simulate the eye's response to an image by passing light from the image is passed separately through red, green and blue filters, and three separate brightness measurements are recorded.
